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@ ISDN-based system for making a video call. 

@ A single medium (audio) voice grade call (on 
201) initiated by an ISDN vkleo phone (shown In 
the accompanying figure) and directed to 
another ISDN video phone is converted into a 
multimedia (audb and video) ISDN call by a) 
maintaining the connection for the voice grade 
call (on 201) while the ISDN audio and video 
oonnectk)n is being established over a bearer 
channel (230) of the ISDN subscriber loop diffe- 
rent from the bearer channel (201) being i^d 
by the voice grade connection, b) switching the 
audio signals (on 201) from the voice grade call 
to the ISDN audio and video connection (on 
230), once the ISDN audio and video connectk>n 
is established, and c) disconnecting the initial 
voice grade call (on 201). 
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T chnical Field 

Thisinv ntlon relates to Integral d Services Dig- 
ital Network (ISDN) video telephony and, more spe- 
cifically, to a method and system for making a video 
call by gracefully transitioning from a one-medium 
(audio) call completed over voice grade facilities to a 
multi-media (audio and video) call completed over 
clear data trunks. 

Background of the Invention 

The emergence of video phones in the market- 
place, coupled with the adoption and increasing im- 
plementation of Narrowband Integrated Services Dig- 
ital Network (N-ISDN) standards, has brought to the 
attention of network and video telephony designers 
certain practical communications compatibility issues 
associated with the Integration and co-existence of N- 
iSDN vkleo telephony with "standard" telephony, also 
called Plain Old Telephone Service (POTS). As Is well 
known, one N-ISDN standard is the Basic Rate Inter- 
face (BRI), which defines operating parameters for 
the transmission and reception of mixed medium dig- 
ital information over a digital subscriber loop. For the 
basic rate interface, the loop is logically partitioned 
into two bearer (B) channels and one data (D) chan- 
nel, commonly known as a 2B + D interface. 

One of the major N-ISDN/POTS compatibility is- 
sues relates to the diverse types of calls that a caller 
using a multi-media terminal device can initiate to a 
called party whose subscriber loop characteristics 
and terminal device media support capabilities are 
unknown. For example, when a caller using an ISDN- 
compliant vkieo phone wants to communicate with a 
called party whose access line arrangement and ter- 
minal device media support capabilities are unknown, 
the caller typically initiates an audio call using one of 
the BRI bearer channels as a voice grade communl- 
catk>n path, since the caller is unable to ascertain 
whether the called party has a POTS line connected 
to an analog telephone set or an ISDN BRI subscriber 
loop connected to an ISDN-compliant video phone. In 
an ISDN environment, an audio call Is Initiated by an 
end-user device, such as a video phone requesting 
speech bearer service from the network. Similarly, a 
clear data call Is established by an end user device, 
such as a video phone requesting unrestricted 64 
Kbps bearer service firom the network. The initiation 
of a voice grade call also stems from the caller's 
awareness that a clear data call to the called party will 
not be completed if the called party does not have an 
ISDN BRI subscriber k)op. 

If, in th course of th Irconv rsation, calling and 
call d parti s find out that th yar both using th au- 
dio capabilities of ISDN-compliant video phones, it is 
Ilk ly that they might wish to switch to a multi-media 
(audio/vid o)callinst adofth single m dium (audio 



only) call. In that case, it would b desirable for the 
call t b transitioned gracefully from an audio only 
call to an audio and video call, without any loss of au- 
dio communication betw enth parties while the vid- 

5 eo call is being set up. 

The ISDN standards developers anticipated this 
compatibility issue and accordingly, drafted CCITT 
Q.931 fallback negotiatk)n standards specifications, 
also called "bearer capability selection standards", as 

10 a network-based solution to that problem. These 
standards include provisk)ns for a call setup message 
to carry signaling information specifying, for exam- 
ple, a preferred medium and an alternate medium for 
a call. Thus, in an ISDN Q.931 ^Ilback negotiation 

IS standard compliant networking environment, a video 
phone caller initiating a call to a party whose terminal 
capabilities are unknown would request an end-to- 
end dear data channel (for a video/audio call) as the 
preferred communication path, with an option for "fall- 

20 back" to a voice grade channel as a communication 
path of last resort. The latter optbn is exercised when 
either the communication network connecting calling 
and called parties is unable to provide a clear end-to- 
end data channel connection, or the called party has 

25 a non-ISDN telephone set connected to a POTS line. 
Since the Q.931 fallback negotiation standards 
involve appropriate circuit selectbn and other deci- 
sions by the originating, intermediate and terminating 
switches, these standards must be omplemented in all 

30 of the switches within the communication path of a 
call in order to allow a communication network to re- 
serve an application and medium independent trans- 
port mechanism for a dear data channel call. In that 
case, the terminal adapters or the terminal devices 

35 negotiate the speed, protocols, medium or application 
for the call. However, due to the high implementation 
costs associated with the Q.931 fallback negotiation 
standards, communications carriers have been reluc- 
tant to implement these standards in the switches de- 

40 ployed in their networks. With no dear sign on the 
horizon pointing to a speedy and widespread imple- 
mentation of these standards, an alternate solution 
for gracefully transitioning a voice grade audio call to 
an ISDN audio and video call is needed. 

45 Another attempt to provkie a graceful transition 
from a one-medium call to a multimedia call involves 
the use of the premises-based H.221 ISDN standard, 
which indudes specifications for dynamic reconfigur- 
ation of bandwidth allocation for different media with- 

50 in one ISDN bearer channel. More specifically, the 
H.221 ISDN standard offers capabilities to handle 
speed negotiation for each medium and handshake 
communtoattons protocols between terminal devices 
befor an nd-to-end conn ction is transitioned from 

55 a one-medium call to a multim dia call. The H.221 
standard off rs an adequat sdutbn for ISDN calls 
originating and terminating on vid phones connect- 
ed to the sam ISDN switch, since the switch does not 
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have to make a facilities s lection d cision to com- 
plete the call. Unfortunately, one of the limitations of 
th H.221 standard is that It represents a viable sol- 
ution only for calls itherpurpos ly Initiated verdear 
data channels or for calls that happen to use dear 
data connections by virtue of the fact that the origi- 
nating and terminating video phones are connected to 
the same ISDN switch. Thus, a graceful transition 
from a one-medium call to a multi-media call is still an 
unresolved problem in a mixed ISDN and POTS com- 
munication network. 

Summary of the Invention 

In accordance with the invention, an ISDN audio 
and video call is made between two video phones a) 
by first completing an initial audio call carried over a 
communication path consisting of one of the logical 
channels of the digital loop of each video phone and 
the voice grade trunks interconnecting the switches 
serving those video phones, b) by gracefully transi- 
tioning from the Initial audio call to an ISDN audto and 
video call using a different logical channel for each 
video phone and dear data trunks connecting the 
switches, and c) by tearing down the initial audio call 
after the transition has been completed. During the 
transition, the communication path for the initial audio 
call is maintained while the separate dear data con- 
nection for the ISDN audio and video call Is being es- 
tablished. 

The separate clear data connection is set up be- 
tween the two video phones through exchange of 
handshake communicatk>n protocol signals and syn- 
chronization parameters between the video phones. 
After audb signals are transmitted by each video 
phone to the other via the clear data connection, the 
audio communication from the initial communication 
path is switched to the dear data connection. Then* 
the initial communication path is torn down. 

In a preferred embodiment of the Inventton, while 
the initial audio call is maintained active, the ISDN au- 
dio and vkjeo call is initiated by a first video phone di- 
recting its serving switch to establish a dear data con- 
nection to a second vkJeo phone. Directions to the 
serving switch are contained in call setup messages 
transmitted via the signaling channel of the digital 
loop along with the telephone number associated 
with the second video phone. The call setup message 
is routed to the second video phone via the signaling 
network of the communication switching system con- 
necting the two video phones. The second video 
phone returns a "connect" message to the first video 
phone to indicate that an end-to-end dear data con- 
n ction is reserved for the ISDN audb and video call. 
Upon receiving th conn ct messag , the first vid 
phone g nerat s and ins rts framing control signals, 
such as H.221 frame alignment bits, in th available 
bear r channel and transmits thos signals to th 
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second video phone via th reserved d ar data con- 
nection. Th second vkJeo phone detects th framing 
control signals and returns a code to the first vid o 
phone to indicate that synchronization betw en the 

5 two video phones has been achieved. The two video 
phones negotiate bandwidth allocation for audio and 
video signals and then are ready to transmit to each 
other digital bit strean^s that make up the audio and 
video call via the reserved dear data connectbn. 

10 Upon reception by each video phone of the digital bit 
sbBams transmitted by the other video phone, the au- 
dio communication signals carried over the initial 
communication path are switched by the video 
phones from the initial communication path to the 

15 dear data connection. Then, the communication path 
that carried the initial audio call via the voice grade 
facDities is torn down by one of the video phones. 

If the ISDN video phones have enhanced video 
capabilities, (meaning that they can use two bearer 

20 channels for ISDN audb and vkJeo calls) the audb 
and video call can be further transitioned gracefully 
from a one-bearer channel video call to a tworbearer 
channel call. Taking advantage of well-known prior art 
techniques, such as H.221 ISDN standards, the bear- 

25 er channel freed bytheterminationof thevoicegrade 
call is reused as the second channel for the enhanced 
vbeo call. 

Brief Description of the Drawing 

30 

In the drawing: 

FIG. 1 is a block diagram of a communication 
switching system arranged to route ISDN audio 
and video comntunication traffic over dear data 
35 facilities and POTS audio communication traffb 
over voice grade facilities; 
FIG. 2 Is a block diagram of a controller for an 
ISDN video phone embodying the principles of 
this Invention; 

40 FIG. 3 shows a graphical representation of sig- 
nals and call processing messages transmitted 
by ISDN video phones and different components 
of a communication switching system to allow a 
dear data channel to be established between the 

45 devices while a voice grade channel is still active; 
and 

FIG. 4 presents, in flow diagram format, actions 
taken and decisbns formulated by the ISDN vid- 
eo phones and different components of a commu- 
50 nicatbn switching system to implement this In- 
vention. 

Detailed Description 

55 FIG. 1 is a block diagram of a communication 

switching system arranged to route ISDN multim dia 
communications traffic over dear data fadlities and 
singi medium POTS audio communication traffb 
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over voice grade facilities. Shown in FIG. 1 ar tw 
typ s of end user devices, namely a) analog devices, 
such as telephone sets 101, 105, 121 and 125 which 
rec iv and transmit analog voice traffic ver voice 
grade facilities, and b) ISDN compliant devices, such s 
as video phones 103. 107, 123 and 127 which can re- 
ceive and transmit digitized voice and video traffic 
over dear data facilities. ISDN video phones are cur- 
rently available from various sources, such as OKI, 
Mitsubishi Electronics and NEC. Those video phones io 
can be used with appropriate modifications (descri- 
bed below) to implement our invention. Video phones 
103, 107, 123 and 127 transmit and receive audio, vid- 
eo and supervisory signals over subscriber digital 
loops 104, 108, 124 and 128 respectively, each of is 
which complies with the ISDN Basic Rate Interface 
(BRI) standards. Digital loops 104, 108. 124 and 128 
are connected to central office switches 110 and 120 
which are processor-controlled, software-driven 
communication switching systems arranged to switch 20 
POTS and ISDN traffic and to establish dear data 
communication paths for calls initiated by ISDN devic- 
es such as video phones 103, 107, 123 and 127. Cen- 
tral office switches 110 and 120 may be implemented 
using the AT&T No. 5ESS® switch, whose features 25 
and functionality are described in AT&T Technical 
Journal , Vol. 84, No. 6, part 2, pp. 1305-1584, 
July/August, 1985. 

Central office switches 110 and 120 select facili- 
ties to route calls destined for devices connected to 30 
other central office switches. The type of facilities se- 
lected by central office switches 110 and 120 is pre- 
dicated on the type of calls Initiated by the caller and 
the type of access arrangement serving the device 
being used by the caller. For example, voice grade 35 
calls initiated by ISDN or non-ISDN devices are auto- 
matically routed over voice grade trunks 111 or 11 8 to 
interexchange carrier 180 by central office switches 
110 and 120, respectively. Similarly, central office 
switches 110 and 120 route dear data calls initiated 40 
by ISDN devices over dear data trunks 112 and 119, 
respectively. Voice grade trunk group 11 6 is arranged 
to carry primarily voice traffic and as such, may be 
equipped with permanent echo cancelers placed at 
strategic points on that trunk group to compensate for 45 
echo impairment In the audio signals transmitted via 
channels in the trunk group. Clear data trunk group 
117, by contrast, may not have any echo cancelers or 
may be equipped with controllable echo cancelers. It 
Is to be understood that a call initiated by video phone so 
123, for example, and destined for video phone 127, 
which Is connected to the same switch, can be grace- 
fully translttoned from an audio only call to an audio 
and vid o call using th techniques of the prior art, 
since each central office, such as central office 120, 55 
is arranged to rout all calls betw n end us r devic- 
es connected t the sam switch over dear data 
chann^s. Th same prindple would b tru for calls 



initiated from vid o phone 103, destined for video 
phone 107 and routed by central office switch 110. 

Voice grade trunk groups 111 and 118 and cl ar 
data trunk groups 112 and 119 connect central office 
switches 110 and 120 to toll switches 131 and 141 (re- 
spectively) which are themseh^es interconnected 
within interexchange carrier network 180 by trunk 
groups 116 and 117. Interexchange carrier network 
180 is a communication switching system which is 
comprised of toll switches, such as toll switch 131 and 
141, transmission fadlities, such as trunk group 116 
and 117 and a signaling network, such as signaling 
network 151 , and which is arranged to route long dis- 
tance calls to central office switches, such as central 
office switches 110 and 120. Tdl switches 131 and 
141 are programmable communication switching sys- 
tems that operate as points of access and egress for 
all traffic to be switched on interexchange carrier net- 
work 180. Toll switches 131 or 141 may be implement- 
ed using the AT&T No. 4ESS<6> whose architecture 
and capabilities are explained in great detail in Bell 
System Technical Journal (BSTJ),Vol. 56, No. 7, pp. 
1015-1320. September, 1977. 

Toll switches 131 and 141 exchange call handling 
messages via signaling network 1 51 , which is a pack- 
et switching network comprised of a plurality of inter- 
connected nodes called Signal Transfer Points 
(STPs), which exchange call processing messages 
according to a specific protocol, such as CCITT conn- 
mon channel interoffice signaling number 7, called 
"SS7" for short The protocol used by signaling net- 
work 151 for call processing messages is different 
from the Q.931 protocol used for ISDN call processing 
messages. Accordingly, switches 110 and 120 map 
0.931 messages Into SS7 messages before forward- 
ing them to signaling network 151. Similarly, 
switches 110 and 120 map SS7 messages received 
from signaling network 151 into ISDN 0.931 messag- 
es before transmitting them to video phones 103, 107, 
123 and 127. Signaling network 151 is also connect- 
ed to STPs 113 and 133 serving central office 
switches 110 and 120 respectively. The interconneo- 
tion of an Interexchange carrier signaling network 
with an STP serving a central office switch is some- 
times called "ComnrKin Channel Signaling Network 
Interconnect" (CCS-NI). 

FIG. 2 is a block diagram of an ISDN video phone 
arranged to switch audio signals In accordance with 
the invention, from a voice grade channel to a clear 
data channel after synchronization with another 
ISDN video phone has been achieved. In FIG. 2, au- 
dio signals for the established voice grade call are 
transmitted and receh^ed over voice grade bearer (B) 
connec^n 201, which is on of the logical channels 
within subscrib rloop 104, 108, 128 or 124 of FIG. 1. 
The received signals are converted into a digital 
Pulse Code Modulati n (PCM) bit stream in codec 
202 and forwarded via lin 220 to matrix switch 203. 
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Th latterisarrangedtoconnecteith rline220or240 
to conv rter 204 upon receiving appropriat instruc- 
tions from call processing unit 213 (described below). 
Incoming digital signals from line 220 or 240 ar trans- 
formed into analog electrical audio signals by conver- s 
ter 204 and forwarded by the latter to ear phone 205. 

Call processing unit 213 is a processor, which 
executes programming instructions stored in Electrn 
cally Erasable Programmable Read Only Memory 
(EEPROM) 215, including the instructions described io 
in FIG.4. In addition. EEPROM 215 stores the last 
number dialed on the video phone and the number for 
the last call received by the video phone. Illustrative- 
ly, the activation of video button 251 to initiate a video 
call causes a signal to be sent to call processing unit is 
213 via line 252. That signal triggers the retrieval of 
either the last dialed number orthe last received nunv 
ber depending on whether the video phone of FIG. 2 
is operated by the party who initiated the voice grade 
call or the party who received the voice grade call. 20 
Call processing unit 213 generates a call setup mes- 
sage that is transmitted along with the last dialed 
number or the last received number to the serving 
central office switch via 0 (signaling) channel 235 of 
the basic rate interface. Signaling channel 235 is one 25 
of the logical channels within subscriber loop 104, 
108, 128 or 124 of FIG. 1. A connect message Is re- 
turned to call processing unit 213 via the same chan- 
nel From that point on, all handshake protocol signals 
(H. 221 signaling information described below) ex- 30 
changed between the two video phones are transmit- 
ted and received via subchannel 233 of bearer chan- 
nel 230, which is one of the logical channels within 
subscriber loop 104, 108, 128 or 124 of FIG. 1. When 
call processing unit 213 receives a call setup mes- 35 
sage and a calling party number from another video 
phone and determines that a voice grade call from the 
same source is stOI in progress on the other bearer 
channel of the digital loop, call processing unit 213 
suppresses ringing for that call and automatically an- 40 
swers the call by sending a "connect" message to the 
video phone initiating the audio and video call. Call 
processing unit 213 receives synchronization and 
control signals from the other video phone and gen- 
erates acknowledgement and other supervisory sig- 4S 
nais to Initiate synchronization with the other video 
phone to indicate, for example, when handshake has 
been achieved with the other video phone. In addi- 
tion, call processing unit 213 supervises and controls 
the operations of matrix switch 203 and audio codec so 
207. When handshake with the other video phone 
has been achieved, call processing unit 213 sends a 
signal to audio codec 207 indicating that the latter 
should start a) coding th audio signals received from 
mouthpiece 208 and transmitting those signals to in- ss 
terfac unit 250, b) decoding audio signals received 
from interface unit 250 via link 231 , and c) sending au- 
dk> signals to matrix switch 203 over link 240. When 



call processing unit 213 receives a signal via H.221 
signaling subchann I 233, indicating that the other 
video phone is also sending audio signals over the 
clear data connection, call processing unit 213 s nds 
a signal to matrix switch 203 (via signaling bus 241) 
to disconnect line 220 and to connect line 240 to con- 
verter 204. Thus, call processing unit 213 controls the 
graceful b^nsition of a call from a single medium (au- 
dio only) call to a nmjitimedia (audio and video) call. 

Call processing unit 213, audio codec 207 and 
vkJeo codec 211 receive their input from and transmit 
their output (via interface unit 250) to dear data chan- 
nel 230. The latter is subdivided into three subchan- 
nels or virtual circuits, namely, subchannel or virtual 
circuit 231 for reception and transmission of audio sig- 
nals, subchannel 232 for video signals and subchan- 
nel 233 for synchronization and control signals 
(H.221). It is to be understood that subchannels 231, 
232 and 233 are not physical lines but rather logical 
data streams multiplexed over the physical communi- 
cation path of the bearer channel of the basic rate in- 
terface using, for example, the CCITT H.221 reconv 
mendations for multiplexing scheme. The audio sig- 
nals are forwarded to audio codec 207 for decoding 
and converston into a digital stream whteh is sent by 
matrix switch 203 to converter 204 only upon instruc- 
tions of call processing unit 21 3, as mentioned above. 
Similarly, audio codec 207 converts signals received 
from mouthpiece 208 (through converter 209) into 
digital bit streams that are transmitted in compressed 
format to the other video phone via subchannel 231 
of the bearer channel 230. The output of mouthpiece 
208 is also sent to PCM codec 202 which plays a sim- 
ilar role as codec 207 but uses different well known 
digitel encoding techniques. 

Interface unit 250 demultiplexes audio, video and 

H. 221 synchronization signals received over B chan- 
nel 230 and multiplexes a) video signals sent in com- 
prassed format by camera 206 (via video codec 211), 
b) audio signals also in compressed format by mouth- 
piece 208 (via audio codec 207), and c) synchroniza- 
tion (and control) signals by call processing unit 213 
for transmission over B channel 230. Interface unit 
250 can be implemented using a time slot interchang- 
er and ISDN-BRI compliant physical line interface 
units. 

FIG. 3 shows a graphical representetion of sig- 
nals and call processing messages transmitted by 
ISDN video phones and different components of a 
conrvnunication switching system of FIG. 1 to allow a 
clear data channel to be estabi ished between two vid- 
eo phones while a voice grade channel is stOi active. 
FIG. 3 is partitioned into a set of discrete events indi- 
cating Ith r actions initiated by a specific component 
or triggered r action to a preceding ev nt In event 1- 

I, for example, a communication path using a voice 
grade channel is esteblished between two video 
phon users. In v nt2-0.activatk)nofthevid obut- 
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ton in one of th video phones initiates the audio and 
vid o call. In event 2-1 , a call setup message Is trans- 
mitted by th video phone to the ISDN switch (switch 
110 or 120 of FIG. 1) serving the caller. In v nt 2-2. 
the switch returns a call processing message to the 
video phone initiating the call. The call processing 
message indicates to that video phone that the call 
setup message has been forwarded to signaling net- 
work 151. In event 2-3, the call setup message is 
mapped into an Initial Address Message (lAM) by the 
switch. The lAM message is transmitted via signaling 
network 151 and STP 113 or 133 of FIG. 1 to the ter- 
minating switch. In event 2-4, the terminating switch 
maps back the lAM message into a call setup mes- 
sage that is transmitted to the receiving video phone. 
In event 3-1, the receiving video phone transmits a 
"connect" message to the ISDN switch to which it is 
connected. In event 3-2, the terminating switch re- 
turns a message to the video phone acknowledging 
the reception of the "connect" message. The termin- 
ating switch in event 3-3 maps the "connect message 
into an equivalent SS7 message that is transmitted 
via signaling network 151 of FIG. 1 and STP 133 or 
113 to the originating switch (110 or 120 of FIG. 1). In 
event 34. the originating switch maps back the re- 
ceived SS7 message into a connect message that is 
transmitted via the signaling channel of the digital 
loop (104, for example) to the video phone which ini- 
tiated the video call. Upon receiving the connect mes- 
sage, the initiating video phone uses call processing 
unit 213 of FIG. 2 to generate and transmit, in event 
4-1 frame alignment signals to the other video phone. 
Similarly, the receiving video phone, upon receiving 
the connect acknowledgement message, in event 5- 
1 inserts and transmits H.221 frame alignment signals 
to the initiating video phone. The latter, upon detect- 
ing the firame alignment signals, in event 6-1, uses 
call processing unit 21 3 of FIG. 2 to transmit to the vid- 
eo phone which initiated the video call a) a synchron- 
ization indication bit, b) a signal indicating that the 
mode for audio signals has been set, for example to 
16 Kbps and the mode for video signals has been set 
to 48 Kbps, and c) sixteen kilobits-coded audio sig- 
nals that are inserted in H.221 finames. In event 7-1, 
similar information is transmitted by the receiving vid- 
eo phone upon detection of the H. 221 frame align- 
ment signals, in event 8-1, the handshake is complet- 
ed for the dear data communication path and the au- 
dio signals are then switched from the voice grade 
channel to the dear data channel over which the vid- 
eo signals are also being transmitted. Subsequentiy, 
the voice grade connection Is torn down. If the video 
phones are equipped for enhanced video, the video 
call is transitioned from a one-bear r chann I call (64 
kQ bits per s cond)t a two- bearer chann el (128 Kilo- 
bits per second) using the techniques of the prior art. 

The process contemplated by this invention, and 
illustrated In flow diagram form In FIG. 4, is Initiat d 



in St p 401, when a caller at video phon 103 of FIG. 

1, for exampi , initiates a v ice grade call to video 
phone 123. In step 402. the call is routed over voice 
grade facilities (111. 116. 121) and completed. In step 

5 403, calling and called parties agree to use audio and 
vkieo media for the existing call. In step 404, a deter- 
mination is made as to who (calling or called party) is 
going to initiate the video call by depressing the video 
button of video phone 103 or 123. If the calling party 

10 initiates the video call, in step 405. video phone 103 
automatically redials the called party telephone num- 
ber (stored in EEPROM 215 of FIG. 2) and transmits 
the dialed number along with a call setup message to 
switch 110 via the signaling channel of digital loop 

IS 1 04. If the called party initiates the call, video phone 
123, in step 406, dials the last received number (also 
stored in EEPROM 215) which is transmitted along 
with a call setup message to switch 120 via the sig- 
naling channel of digital loop 123. In step 407. a "call 

20 processing" message Is returned to the video phone 
initiating the video call to Indicate thatthe call Is being 
set up. It Is to be understood that while signaling mes- 
sages and handshake protocol information are being 
exchanged between video phones 1 03 and 1 23 using 

25 the capabilities of a) switches 110 and 120, b) signal- 
ing network 1 51 , and c) STPs 113 and 1 33. the calling 
and called parties continue their audio conversations 
unaffected by the call setup activities. In step 408, 
video phone 123 answers the call by returning a con- 

30 nect message to video phone 1 03. Vkleo phones 1 03 
and 123 exchange synchronization and handshake 
protocol signals, as described in FIG. 3. In step 409, 
vkJeo phones 103 and 104 generate and transmit to 
each other via the dear data channel (a channel in 

35 trunk groups 112, 117 and 119 of FIG. 1) digital sig- 
nals that can be decoded by audio codec 207 of FIG. 

2. In step 410, the signals received by the codec in 
each of the video phone are decoded. Thereafter, in 
step 411. the source of audio signals to the users is 

40 switched from the voice grade channel to the clear 
data channel. In step 412, the voice grade channel is 
torn down. 

The above desorlptton is to be construed only as 
an illustrative embodiment of this invention. Peraons 
45 skilled In the art can easily conceive of alternative ar- 
rangements providing similar functionality without 
any deviation from the fundamental principles or the 
scope of this Invention. 



1. Amethod of completing an ISDN audio and video 
call using an ISDN video phone served by an 
55 ISDN subscrib r loop having at 1 ast first and 

second logical bearer channels and a logical sig- 
naling channel, wherein sakJ method comprises 
th steps of: 
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establishing an initial audio connection to 
an ISDN video phone through said first logical 
bearer channel of said loop; 

establishing an ISDN audio and video con- 
nection using said second logical bearer channel 5 
of said loop while said initial audio connection is 
still maintained active; 

switching audio signals from said initial au- 
dio connection of said first logical bearer channel 
to said ISDN audio and video connection of said io 
second logical bearer channel; and 

tearing down said initial audio connection. 

2. The method of claim 1, wherein said establishing 
step of said ISDN audio and video connection fur- is 
ther includes the step of: 

transmitting call setup messages by one 
ISDN video phone to the other ISDN video 
phone, wherein said call setup messages include 
information related to communication protocol, 20 
synchronization, and allocation of bandwidth for 
audio and video signals of said ISDN audio and 
video connection. 

3. The method of claim 1 , wherein said tearing down 25 
step of said initial connection is followed by the 
step of: 

reusing said first logical channel of said Ini- 
tial audio connection by assigning bandwidth pre- 
viously used for said initial audio connection to 30 
audio and video signals of said ISDN audio and 
video connection. 

4. In a communication switching system arranged to 
route POTS traffic and ISDN traffic, a method of 3S 
converting a voice grade audio call between two 
parties having ISDN video phones, to an ISDN 
audio and video call connecting said ISDN video 
phones, each one served by an ISDN subscriber 
loop having a first logical bearer channel, a seo^ 40 
ond logical t>earer channel and a logical signaling 
channel, wherein said method comprises the 
steps of: 

setting up said ISDN audio and video call 
while maintaining said voice grade call occupying 45 
said first logical bearer channel; 

transmitting call setup messages via said 
signaling channel of said ISDN subscriber loop; 

exchanging synchronization signals be- 
tween said video phones via said second logical so 
bearer channel of said video phone; 

switching audio signals from said first log- 
ical bearer channel to said second logical bearer 
channel for said ISDN audi and video call, 
whereby a graceful transition from th voice 55 
grade audio call to the ISDN audio and video call 
is achieved; and 

tearing down said voice grad call. 



5. The method of daim 4, wherein said synchroni- 
zatbn signals indud information t allocate 
bandwidth for the audi and video signals of said 
ISDN audio and vid call. 

6. The method of daim 4, wherein said setting up 
step of said ISDN audio and video call indudes 
the step of 

activating in one of said video phones a 
mechanism that is linked to a processor induded 
in said video phones having a memory arranged 
to store i) received telephone numbers of incom- 
ing calls, and ii) dialed telephone numbers of out- 
going calls; 

7. The invention of claim 6, wherein said activating 
step further indudes the steps of: 

retrieving from said memory the last re- 
ceived telephone number stored in said memory 
when said voice grade call was received by said 
video phone; and 

dialing said retrieved number. 

8. The method of daim 6, wherein said activating of 
said mechanism step further includes the steps 
of 

retrieving from said memory the lastdialed 
telephone number stored in said menrK)ry when 
said voice grade call was initiated by said video 
phone; and 

dialing said retrieved number. 

9. A system of completing an ISDN audio and video 
call using an ISDN video phone served by an 
ISDN subscriber loop having at least first and 
second logical bearer channels and a logical sig- 
naling channel, comprising 

means for establishing an Initial audio con- 
nection to an ISDN video phone through said first 
logical bearer channel of said loop; 

means for establishing an ISDN audio and 
video connection using said second logical bear- 
er channel of said loop while said initial audio con- 
nection is still maintained active; 

means for switching audio signals from 
said initial audio connection of said first logical 
bearer channel to said ISDN audio and video con- 
nection of said second logical bearer channel; 
and 

means for tearing down said initial audio 
connection. 

10. The system of daim 9, wherein said establishing 
m ans of said ISDN audio and video connection 
further includes: 

means for transmitting call setup messag- 
es by on ISDN video ph n t the oth r ISDN 
video phon , wherein said call setup messages 
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include information r lated to communication 
protocol signals, synchronization firam s, and al- 
location of t)andwidth for audio and video signals 
of said ISDN audio and vid o conn ction. 

11. The system of daim 9, wherein said tearing down 
means of said Initial connection further Include: 
means for reusing said first logical channel 
of said initial audio connection by assigning band- 
width previously used for said initial audio con- 
nection to audio and video signals of said ISDN 
audio and video connection. 



last received telephone numb r stor d in said 
memory when said voice grade call was receiv d 
by said video phon ; and 

means for dialing said r triev d number 

5 

16. The system of daim 14, wherein said activating of 
said mechanism means further Indudes: 

means for retrieving from said memory the 
last dialed telephone number stored in said mem- 
10 ory when said voice grade call was Initiated by 
said video phone; and 

means for dialing said retrieved number. 



12. In a communication switching system arranged to 
route POTS traffic and ISDN traffic, a system of 
converting a voice grade audio call between two 
parties having ISDN video phones, to an ISDN 
audio and video call connecting said ISDN video 
phones, each one served by an ISDN subscriber 
loop having a first logical bearer channel, a sec- 
ond logical bearer channel and a logical signaling 
channel, comprising: 

means for setting up said ISDN audio and 
video call while maintaining said voice grade call 
occupying said first logical bearer channel; 

means for transmitting call setup messag- 
es via said signaling channel of said ISDN sub- 
scriber loop; 

means for exchanging synchronization 
signals between said video phones via said sec- 
ond logical bearer channel of said video phone; 

means for switching audio signals from 
said first logical bearer channel to said second 
logical bearer channel for said ISDN audio and 
video call, whereby a graceful transition from the 
voice grade audio call to the ISDN audio and vid- 
eo call is achieved; and 

means for tearing down said voice grade 

call. 

13. The system of daim 12, wherein said synchroni- 
zation signals indude information to allocate 
bandwidth for the audio and video signals of said 
ISDN audio and video call. 

14. The system of daim 12, wherein said setting up 
means of said ISDN audio and video call further 
Indudes 

means for activating in one of said video 
phones a mechanism that Is linked to a processor 
induded in said video phones having a memory 
arranged to store i) telephone numbers received 
for incoming calls, and li) telephone numbers di- 
aled for outgoing calls; 

15. Th invention of daim 14, wher In said activating 
means further indudes: 

means for retrieving firom said mem ry t h 



17. Apparatus for use in an ISDN video phone for 
IS converting a voice grade audio call to an ISDN 
multimedia call, said video phone being connect- 
ed to an ISDN subscriber loop comprised of two 
logical bearer channels and a signaling channel, 
comprising: 

20 a processor which generates, transmits 

and receives a) call set up messages to Initiate 
said multimedia call, and b) handshake protocol 
and synchronization signals to establish a conv 
munication path over a logical bearer channel dif- 

25 ferent from the logical channel being used by said 
voice grade call; 

means induded in said processor for stor- 
ing telephone numbers dialed for an outgoing 
calls and telephone numbers received for inconv 

30 ing calls; 

means for triggering said processor to ini- 
tiate said multimedia call by generating said call 
setup messages induding one of either the last 
stored dialed telephone number or the last stored 

35 received number; 

a matrix switch controlled by said proces- 
sor which switches incoming and outgoing audio 
signals from said logical channel used for said 
voice grade call to said communication path. 

40 
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FIG. 4 



CALLER INITIATES A VOICE GRADE 
CALL T O CALLED PARTY 

I 



CALL IS ROUTED BY 
COMMUNICATION SWITCHING SYSTEM VU 
VOICE GRADE FACIUTIES AND COMPLETED 



,401 



,402 



CALUNG AND CALLED PARHES DECIDE TO 
USE AUDIO AND VIDEO MEDIA FOR 
EXISnNG CALL 

T 



,403 



405 



*°^-/D0ES CALUNG PARTY WANTNJS 
\ TO INITIATE VIDEO CALL ? / ^ 


.VIDEO PHONE USES UST DIALED 
NUMBER FOR VIDEO CALL 


f NO 






VIDEO PHONE USES lAST RECEIVED 
NUMBER FOR VIDEO CALL 

i-i i 


^406 





CONNECr MESSAGE IS RETURNED 
TO THE VIDEO PHONE INITIAHNG 
THE VIDEO CALL 



I 



,407 



VIDEO PHONES EXCHANGE HANDSHAKE PROTOCOL 
SIGNALS AND SYNCHRONIZAHON PARAMETERS 

1 



AUDIO SIGNALS ARE TRANSMIHED 
OVER THE CLEAR DATA CHANNEL 

I 



RECEPTION OF AUDIO SIGNALS 
BY BOTH VIDEO PHONES 



I 



AUDIO SIGNALS ARE SWITCHED FROM VOICE 
GRADE CAU TO CLEAR DATA CH ANNEL 



VOICE GRADE CHANNEL IS TORN DOWN 
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.410 



,411 



,412 
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